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Description

TECHNICAL FIELD

[0001] The present invention is related generally to audio coding systems, and is related more specifically to improving
the perceived quality of the audio signals obtained from audio coding systems.

BACKGROUND ART

[0002] Audio coding systems are used to encode an audio signal into an encoded signal that is suitable for transmission
or storage, and then subsequently receive or retrieve the encoded signal and decode it to obtain a version of the original
audio signal for playback. Perceptual audio coding systems attempt to encode an audio signal into an encoded signal
that has lower information capacity requirements than the original audio signal, and then subsequently decode the
encoded signal to provide an output that is perceptually indistinguishable from the original audio signal. One example
of a perceptual audio coding system is described in the Advanced Television Systems Committee (ATSC) A/52A doc-
ument entitled "Revision A to Digital Audio Compression (AC-3) Standard" published August 20, 2001, which is referred
to as Dolby Digital. Another example is described in Bosi et al., "ISO/IEC MPEG-2 Advanced Audio Coding." J. AES,
vol. 45, no. 10, October 1997, pp. 789-814, which is referred to as Advanced Audio Coding (AAC). In these two coding
systems, as well as in many other perceptual coding systems, a split-band transmitter applies an analysis filterbank to
an audio signal to obtain spectral components that are arranged in groups or frequency bands, and encodes the spectral
components according to psychoacoustic principles to generate an encoded signal. The band widths typically vary and
are usually commensurate with widths of the so called critical bands of the human auditory system. A complementary
split-band receiver receives and decodes the encoded signal to recover spectral components and applies a synthesis
filterbank to the decoded spectral components to obtain a replica of the original audio signal.
[0003] Perceptual coding systems can be used to reduce the information capacity requirements of an audio signal
while preserving a subjective or perceived measure of audio quality so that an encoded representation of the audio
signal can be conveyed through a communication channel using less bandwidth or stored on a recording medium using
less space. Information capacity requirements are reduced by quantizing the spectral components. Quantization injects
noise into the quantized signal, but perceptual audio coding systems generally use psychoacoustic models in an attempt
to control the amplitude of quantization noise so that it is masked or rendered inaudible by spectral components in the
signal.
[0004] Traditional perceptual coding techniques work reasonably well in audio coding systems that are allowed to
transmit or record encoded signals having medium to high bit rates, but these techniques by themselves do not provide
very good audio quality when the encoded signals are constrained to low bit rates. Other techniques have been used
in conjunction with perceptual coding techniques in an attempt to provide high quality signals at very low bit rates.
[0005] One technique called "High-Frequency Regeneration" (HFR) is described in U.S. patent application publication
number 2003-0187,663 A1, entitled "Broadband Frequency Translation for High Frequency Regeneration" by Truman,
et al., published October 2, 2003. In an audio coding system that uses HFR, a transmitter excludes high-frequency
components from the encoded signal and a receiver regenerates or synthesizes noise-like substitute components for
the missing high-frequency components. The resulting signal provided at the output of the receiver generally is not
perceptually identical to the original signal provided at the input to the transmitter but sophisticated regeneration tech-
niques can provide an output signal that is a fairly good approximation of the original input signal having a much higher
perceived quality that would otherwise be possible at low bit rates. In this context, high quality usually means a wide
bandwidth and a low level of perceived noise.
[0006] Another synthesis technique called "Spectral Hole Filling" (SHF) is described in U.S. patent application publi-
cation number 2003-0233234 A1 entitled "Improved Audio Coding System Using Spectral Hole Filling" by Truman, et
al., published December 18, 2003. According to this technique, a transmitter quantizes and encodes spectral components
of an input signal in such a manner that bands of spectral components are omitted from the encoded signal. The bands
of missing spectral components are referred to as spectral holes. A receiver synthesizes spectral components to fill the
spectral holes. The SHF technique generally does not provide an output signal that is perceptually identical to the original
input signal but it can improve the perceived quality of the output signal in systems that are constrained to operate with
low bit rate encoded signals.
[0007] Another way of implementing said "Spectral Hole Filling" is disclosed in patent application WO00/45379.
[0008] Techniques like HFR and SHF can provide an advantage in many situations but they do not work well in all
situations. One situation that is particularly troublesome arises when an audio signal having a rapidly changing amplitude
is encoded by a system that uses block transforms to implement the analysis and synthesis filterbanks. In this situation,
audible noise-like components can be smeared across a period of time that corresponds to a transform block.
[0009] One technique that can be used to reduce the audible effects of time-smeared noise is to decrease the block
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length of the analysis and synthesis transforms for intervals of the input signal that are highly non-stationary. This
technique works well in audio coding systems that are allowed to transmit or record encoded signals having medium to
high bit rates, but it does not work as well in lower bit rate systems because the use of shorter blocks reduces the coding
gain achieved by the transform.
[0010] In another technique, a transmitter modifies the input signal so that rapid changes in amplitude are removed
or reduced prior to application of the analysis transform. The receiver reverses the effects of the modifications after
application of the synthesis transform. Unfortunately, this technique obscures the true spectral characteristics of the
input signal, thereby distorting information needed for effective perceptual coding, and because the transmitter must
use part of the transmitted signal to convey parameters that the receiver needs to reverse the effects of the modifications.
[0011] In a third technique known as temporal noise shaping, a transmitter applies a prediction filter to the spectral
components obtained from the analysis filterbank, conveys prediction errors and the predictive filter coefficients in the
transmitted signal, and the receiver applies an inverse prediction filter to the prediction errors to recover the spectral
components. This technique is undesirable in low bit rate systems because of the signal overhead needed to convey
the predictive filter coefficients.

DISCLOSURE OF INVENTION

[0012] It is an object of the present invention to provide techniques that can be used in low bit rate audio coding
systems to improve the perceived quality of the audio signals generated by such systems.
[0013] According to the present invention, encoded audio information is processed by receiving the encoded audio
information and obtaining subband signals representing some but not all spectral content of an audio signal, examining
the subband signals to obtain a characteristic of the audio signal, where the characteristic is tonality or temporal shape,
generating synthesized spectral components that have the characteristic of the audio signal, integrating the synthesized
spectral components with the subband signals to generate a set of modified subband signals, and generating the audio
information by applying a synthesis filterbank to the set of modified subband signals.
[0014] The various features of the present invention and its preferred embodiments may be better understood by
referring to the following discussion and the accompanying drawings. The contents of the following discussion and the
drawings are set forth as examples only and should not be understood to represent limitations upon the scope of the
present invention.

BRIEF DESCRIPTION OF DRAWINGS

[0015]

Fig. 1 is a schematic block diagram of a transmitter in an audio coding system.
Fig. 2 is a schematic block diagram of a receiver in an audio coding system.
Fig. 3 is a schematic block diagram of an apparatus that may be used to implement various aspects of the present
invention.

MODES FOR CARRYING OUT THE INVENTION

A. Overview

[0016] Various aspects of the present invention may be incorporated into a variety of signal processing methods and
devices including devices like those illustrated in Figs. 1and 2. Some aspects may be carried out by processing performed
in only a receiver. Other aspects require cooperative processing performed in both a receiver and a transmitter. A
description of processes that may be used to carry out these various aspects of the present invention is provided below
following an overview of typical devices that may be used to perform these processes.
[0017] Fig 1 illustrates one implementation of a split-band audio transmitter in which the analysis filterbank 12 receives
from the path 11 audio information representing an audio signal and, in response, provides frequency subband signals
that represent spectral content of the audio signal. Each subband signal is passed to the encoder 14, which generates
an encoded representation of the subband signals and passes the encoded representation to the formatter 16. The
formatter 16 assembles the encoded representation into an output signal suitable for transmission or storage, and passes
the output signal along the path 17.
[0018] Fig 2 illustrates one implementation of a split-band audio receiver in which the deformatter 22 receives from
the path 21 an input signal conveying an encoded representation of frequency subband signals representing spectral
content of an audio signal. The deformatter 22 obtains the encoded representation from the input signal and passes it
to the decoder 24. The decoder 24 decodes the encoded representation into frequency subband signals. The analyzer
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25 examines the subband signals to obtain one or more characteristics of the audio signal that the subband signals
represent. An indication of the characteristics is passed to the component synthesizer 26, which generates synthesized
spectral components using a process that adapts in response to the characteristics. The integrator 27 generates a set
of modified subband signals by integrating the subband signals provided by the decoder 24 with the synthesized spectral
components generated by the component synthesizer 26. In response to the set of modified subband signals, the
synthesis filterbank 28 generates along the path 29 audio information representing an audio signal. In the particular
implementation shown in the figure, neither the analyzer 25 nor the component synthesizer 26 adapt processing in
response to any control information obtained from the input signal by the deformatter 22. In other implementations, the
analyzer 25 and/or the component synthesizer 26 can be responsive to control information obtained from the input signal.
[0019] The devices illustrated in Figs. 1 and 2 show filterbanks for three frequency subbands. Many more subbands
are used in a typical implementation but only three are shown for illustrative clarity. No particular number is important
to the present invention.
[0020] The analysis and synthesis filterbanks may be implemented by essentially any block transform including a
Discrete Fourier Transform or a Discrete Cosine
[0021] Transform (DCT). In one audio coding system having a transmitter and a receiver like those discussed above,
the analysis filterbank 12 and the synthesis filterbank 28 are implemented by modified DCT known as Time-Domain
Aliasing Cancellation (TDAC) transforms, which are described in Princen et al., "Subband/Transform Coding Using Filter
Bank Designs Based on Time Domain Aliasing Cancellation," ICASSP 1987 Conf. Proc., May 1987, pp. 2161-64.
[0022] Analysis filterbanks that are implemented by block transforms convert a block or interval of an input signal into
a set of transform coefficients that represent the spectral content of that interval of signal. A group of one or more adjacent
transform coefficients represents the spectral content within a particular frequency subband having a bandwidth com-
mensurate with the number of coefficients in the group. The term "subband signal" refers to groups of one or more
adjacent transform coefficients and the term "spectral components" refers to the transform coefficients.
[0023] The terms "encoder" and "encoding" used in this disclosure refer to information processing devices and methods
that may be used to represent an audio signal with encoded information having lower information capacity requirements
than the audio signal itself. The terms "decoder" and "decoding" refer to information processing devices and methods
that may be used to recover an audio signal from the encoded representation. Two examples that pertain to reduced
information capacity requirements are the coding needed to process bit streams compatible with the Dolby Digital and
the AAC coding standards mentioned above. No particular type of encoding or decoding is important to the present
invention.

B. Receiver

[0024] Various aspects of the present invention may be carried out in a receiver that do not require any special
processing or information from a transmitter. These aspects are described first.

1. Analysis of Signal Characteristics

[0025] The present invention may be used in coding systems that represent audio signals with very low bit rate encoded
signals. The encoded information in very low bit rate systems typically conveys subband signals that represent only a
portion of the spectral components of the audio signal. The analyzer 25 examines these subband signals to obtain one
or more characteristics of tonality and temporal shape of the portion of the audio signal that is represented by the subband
signals. Representations of the one or more characteristics are passed to the component synthesizer 26 and are used
to adapt the generation of synthesized spectral components. Several examples of characteristics in addition to tonality
and temporal shape that may also be used are described below.

a) Amplitude

[0026] The encoded information generated by many coding systems represents spectral components that have been
quantized to some desired bit length or quantizing resolution. Small spectral components having magnitudes less than
the level represented by the least-significant bit (LSB) of the quantized components can be omitted from the encoded
information or, alternatively, represented in some form that indicates the quantized value is zero or deemed to be zero.
The level corresponding to the LSB of the quantized spectral components that are conveyed by the encoded information
can be considered an upper bound on the magnitude of the small spectral components that are omitted from the encoded
information.
[0027] The component synthesizer 26 can use this level to limit the amplitude of any component that is synthesized
to replace a missing spectral component.
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b) Spectral Shape

[0028] The spectral shape of the subband signals conveyed by the encoded information is immediately available from
the subband signals themselves; however, other information about spectral shape can be derived by applying a filter to
the subband signals in the frequency domain. The filter may be a prediction filter, a lowpass filter, or essentially any
other type of filter that may be desired.
[0029] An indication of the spectral shape or the filter output is passed to the component synthesizer 26 as appropriate.
If necessary, an indication of which filter is used should also be passed.

c) Masking

[0030] A perceptual model may be applied to estimate the psychoacoustic masking effects of the spectral components
in the subband signals. Because these masking effects vary by frequency, the masking provided by a first spectral
component at one frequency will not necessarily provide the same level of masking as that provided by a second spectral
component at another frequency even though the first and second spectral component have the same amplitude.
[0031] An indication of estimated masking effects is passed to the component synthesizer 26, which controls the
synthesis of spectral components so that the estimated masking effects of the synthesized components have a desired
relationship with the estimated masking effects of the spectral components in the subband signals.

d) Tonality

[0032] The tonality of the subband signals can be assessed in a variety of ways including the calculation of a Spectral
Flatness Measure, which is a normalized quotient of the arithmetic mean of subband signal samples divided by the
geometric mean of the subband signal samples. Tonality can also be assessed by analyzing the arrangement or distri-
bution of spectral components within the subband signals. For example, a subband signal may be deemed to be more
tonal rather than more like noise if a few large spectral components are separated by long intervals of much smaller
components. Yet another way applies a prediction filter to the subband signals to determine the prediction gain. A large
prediction gain tends to indicate a signal is more tonal.
[0033] An indication of tonality is passed to the component synthesizer 26, which controls synthesis so that the
synthesized spectral component have an appropriate level of tonality. This may be done by forming a weighted combi-
nation of tone-like and noise-like synthesized components to achieve the desired level of tonality.

e) Temporal Shape

[0034] The temporal shape of a signal represented by subband signals can be estimated directly from the subband
signals. The technical basis for one implementation of a temporal-shape estimator may be explained in terms of a linear
system represented by equation 1. 

where

y(t) = a signal having a temporal shape to be estimated;
h(t) = the temporal shape of the signal y(t);
the dot symbol (·) denotes multiplication; and
x(t) = a temporally-flat version of the signal y(t).

[0035] This equation may be rewritten as: 

where

Y[k] = a frequency-domain representation of the signal y(t);
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H[k] = a frequency-domain representation of h(t);
the star symbol (*) denotes convolution; and
X[k] = a frequency-domain representation of the signal x(t).

[0036] The frequency-domain representation Y[k] corresponds to one or more of the subband signals obtained by the
decoder 24. The analyzer 25 can obtain an estimate of the frequency-domain representation H[k] of the temporal shape
h(t) by solving a set of equations derived from an autoregressive moving average (ARMA) model of Y[k] and X[k].
Additional information about the use of ARMA models may be obtained from Proakis and Manolakis, "Digital Signal
Processing: Principles, Algorithms and Applications," MacMillan Publishing Co., New York, 1988. See especially pp.
818-821.
[0037] The frequency-domain representation Y[k] is arranged in blocks of transform coefficients. Each block of trans-
form coefficients expresses a short-time spectrum of the signal y(t). The frequency-domain representation X[k] is also
arranged in blocks. Each block of coefficients in the frequency-domain representation X[k] represents a block of samples
for the temporally-flat signal x(t) that is assumed to be wide sense stationary. It is also assumed the coefficients in each
block of the X[k] representation are independently distributed. Given these assumptions, the signals can be expressed
by an ARMA model as follows: 

where

L = length of the autoregessive portion of the ARMA model; and
Q = the length of the moving average portion of the ARMA model.

[0038] Equation 3 can be solved for al and bq by solving for the autocorrelation of Y[k]: 

where E{} denotes the expected value function.
[0039] Equation 4 can be rewritten as: 

where

RYY[n] denotes the autocorrelation of Y[n]; and
RXY[k] denotes the cross-correlation of Y[k] and X[k].

[0040] If we further assume the linear system represented by H[k] is only autoregressive, then the second term on
the right side of equation 5 can be ignored. Equation 5 can then be rewritten as: 

which represents a set of L linear equations that can be solved to obtain the the L coefficients ai.
[0041] With this explanation, it is now possible to describe one implementation of a temporal-shape estimator that
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uses frequency-domain techniques. In this implementation, the temporal-shape estimator receives the frequency-domain
representation Y[k] of one or more subband signals y(t) and calculates the autocorrelation sequence RYY[m] for -L ≤ m
≤ L. These values are used to establish a set of linear equations that are solved to obtain the coefficients ai, which
represent the poles of a linear all-pole filter FR shown below in equation 7. 

This filter can be applied to the frequency-domain representation of an arbitrary temporally-flat signal such as a noise-
like signal to obtain a frequency-domain representation of a version of that temporally-flat signal having a temporal shape
substantially equal to the temporal shape of the signal y(t).
[0042] A description of the poles of filter FR may be passed to the component synthesizer 26, which can use the filter
to generate synthesized spectral components representing a signal having the desired temporal shape.

2. Generation of Synthesized Components

[0043] The component synthesizer 26 may generate the synthesized spectral components in a variety of ways. Two
ways are described below. Multiple ways may be used. For example, different ways may be selected in response to
characteristics derived from the subband signals or as a function of frequency.
[0044] A first way generates a noise-like signal. For example, essentially any of a wide variety of time-domain and
frequency-domain techniques may be used to generate noise-like signals.
[0045] A second way uses a frequency-domain technique called spectral translation or spectral replication that copies
spectral components from one or more frequency subbands. Lower-frequency spectral components are usually copied
to higher frequencies because higher frequency components are often related in some manner to lower frequency
components. In principle, however, spectral components may be copied to higher or lower frequencies. If desired, noise
may be added or blended with the translated components and the amplitude may be modified as desired. Preferably,
adjustments are made as necessary to eliminate or at least reduce discontinuities in the phase of the synthesized
components.
[0046] The synthesis of spectral components is controlled by information received from the analyzer 25 so that the
synthesized components have one or more characteristics obtained from the subband signals.

3. Integration of Signal Components

[0047] The synthesized spectral components may be integrated with the subband signal spectral components in a
variety of ways. One way uses the synthesized components as a form of dither by combining respective synthesized
and subband components representing corresponding frequencies. Another way substitutes one or more synthesized
components for selected spectral components that are present in the subband signals. Yet another way merges syn-
thesized components with components of the subband signals to represent spectral components that are not present
in the subband signals. These and other ways may be used in various combinations.

C. Transmitter

[0048] Aspects of the present invention described above can be carried out in a receiver without requiring the transmitter
to provide any control information beyond what is needed by a receiver to receive and decode the subband signals
without features of the present invention. These aspects of the present invention can be enhanced if additional control
information is provided. One example is discussed below.
[0049] The degree to which temporal shaping is applied to the synthesized components can be adapted by control
information provided in the encoded information. One way this can be done is through the use of a parameter β as shown
in the following equation.



EP 1 514 263 B1

8

5

10

15

20

25

30

35

40

45

50

55

The filter provides no temporal shaping when β=0. When β=1, the filter provides a degree of temporal shaping such that
correlation between the temporal shape of the synthesized components and the temporal shape of the subband signals
is maximum. Other values for β provide intermediate levels of temporal shaping.
[0050] In one implementation, the transmitter provides control information that allows the receiver to set β to one of
eight values.
[0051] The transmitter may provide other control information that the receiver can use to adapt the component synthesis
process in any way that may be desired.

D. Implementation

[0052] Various aspects of the present invention may be implemented in a wide variety of ways including software in
a general-purpose computer system or in some other apparatus that includes more specialized components such as
digital signal processor (DSP) circuitry coupled to components similar to those found in a general-purpose computer
system. Fig. 3 is a block diagram of device 70 that may be used to implement various aspects of the present invention
in transmitter or receiver. DSP 72 provides computing resources. RAM 73 is system random access memory (RAM)
used by DSP 72 for signal processing. ROM 74 represents some form of persistent storage such as read only memory
(ROM) for storing programs needed to operate device 70 and to carry out various aspects of the present invention. I/O
control 75 represents interface circuitry to receive and transmit signals by way of communication channels 76, 77. Analog-
to-digital converters and digital-to-analog converters may be included in I/O control 75 as desired to receive and/or
transmit analog audio signals. In the embodiment shown, all major system components connect to bus 71, which may
represent more than one physical bus; however, a bus architecture is not required to implement the present invention.
[0053] In embodiments implemented in a general purpose computer system, additional components may be included
for interfacing to devices such as a keyboard or mouse and a display, and for controlling a storage device having a
storage medium such as magnetic tape or disk, or an optical medium. The storage medium may be used to record
programs of instructions for operating systems, utilities and applications, and may include embodiments of programs
that implement various aspects of the present invention.
[0054] The functions required to practice various aspects of the present invention can be performed by components
that are implemented in a wide variety of ways including discrete logic components, one or more ASICs and/or program-
controlled processors. The manner in which these components are implemented is not important to the present invention.
[0055] Software implementations of the present invention may be conveyed by a variety machine readable media
such as baseband or modulated communication paths throughout the spectrum including from supersonic to ultraviolet
frequencies, or storage media including those that convey information using essentially any magnetic or optical recording
technology including magnetic tape, magnetic disk, and optical disc. Various aspects can also be implemented in various
components of computer system 70 by processing circuitry such as ASICs, general-purpose integrated circuits, micro-
processors controlled by programs embodied in various forms of ROM or RAM, and other techniques.

Claims

1. A method for processing encoded audio information, wherein the method comprises:

receiving the encoded audio information and obtaining therefrom subband signals representing some but not
all spectral content of an audio signal;
examining the subband signals to obtain a characteristic of the audio signal, wherein the characteristic is tonality
or temporal shape;
generating synthesized spectral components that have the characteristic of the audio signal;
integrating the synthesized spectral components with the subband signals to generate a set of modified subband
signals; and
generating the audio information by applying a synthesis filterbank to the set of modified subband signals.

2. The method of claim 1, wherein the characteristic is temporal shape and the method generates the synthesized
spectral components to have the temporal shape by generating spectral components and convolving the generated
spectral components with a frequency-domain representation of the temporal shape.

3. The method of claim 2 that obtains the temporal shape by calculating an autocorrelation function of at least some
components of the subband signals.

4. The method of claim 1, wherein the characteristic is temporal shape and the method generates the synthesized
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spectral components to have the temporal shape by generating spectral components and applying a filter to at least
some of the generated spectral components.

5. The method of claim 4 that obtains control information from the encoded information and adapts the filter in response
to the control information.

6. The method of any one of claims 1 through 5 that generates the set of modified subband signals by merging the
synthesized spectral components with components of the subband signals.

7. The method of any one of claims 1 through 5 that generates the set of modified subband signals by combining the
synthesized spectral components with respective components of the subband signals.

8. The method of any one of claims 1 through 5 that generates the set of modified subband signals by substituting the
synthesized spectral components for respective components of the subband signals.

9. The method of any one of claims 1 through 8 that
obtains the characteristics of the audio signal by examining components of one or more subband signals in a first
portion of spectrum; and
generates the synthesized spectral components by copying one or more components of the subband signals in the
first portion of spectrum to a second portion of spectrum to form synthesized subband signals and modifying the
copied components such that the synthesized subband signals have the characteristic of the audio signal.

10. A medium that is readable by a device and that conveys a program of instructions executable by the device to
perform a method according to any one of claims 1 to 9.

11. An apparatus for processing encoded audio information, wherein the apparatus comprises:

an input terminal (21; 76; 77) adapted to receive the encoded audio information;
memory (73, 74); and
processing circuitry (72) coupled to the input terminal and the memory; wherein the processing circuitry is
adapted to:

receive (22) the encoded audio information and obtain (24) therefrom subband signals representing some
but not all spectral content of an audio signal;
examine (25) the subband signals to obtain a characteristic of the audio signal, wherein the characteristic
is tonality or temporal shape;
generate (26) synthesized spectral components that have the characteristic of the audio signal;
integrate (27) the synthesized spectral components with the subband signals to generate a set of modified
subband signals; and
generate the audio information by applying a synthesis filterbank (28) to the set of modified subband signals.

12. The apparatus of claim 11, wherein the characteristic is temporal shape and the processing circuitry (72) is adapted
to generate the synthesized spectral components to have the temporal shape by generating spectral components
and convolving the generated spectral components with a frequency-domain representation of the temporal shape.

13. The apparatus of claim 12, wherein the processing circuitry (72) is adapted to obtain the temporal shape by calculating
an autocorrelation function of at least some components of the subband signals.

14. The apparatus of claim 11, wherein the characteristic is temporal shape and the processing circuitry (72) is adapted
to generate the synthesized spectral components to have the temporal shape by generating spectral components
and applying a filter to at least some of the generated spectral components.

15. The apparatus of claim 14, wherein the processing circuitry (72) is adapted to obtain control information from the
encoded information and adapt the filter in response to the control information.

16. The apparatus of any one of claims 11 through 15, wherein the processing circuitry (72) is adapted to generate the
set of modified subband signals by merging the synthesized spectral components with components of the subband
signals.
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17. The apparatus of any one of claims 11 through 15, wherein the processing circuitry (72) is adapted to generate the
set of modified subband signals by combining the synthesized spectral components with respective components of
the subband signals.

18. The apparatus of any one of claims 11 through 15, wherein the processing circuitry (72) is adapted to generate the
set of modified subband signals by substituting the synthesized spectral components for respective components of
the subband signals.

19. The apparatus of any one of claims 11 through 18, wherein the processing circuitry (72) is adapted to:

obtain the characteristics of the audio signal by examining components of one or more subband signals in a
first portion of spectrum; and
generate the synthesized spectral components by copying one or more components of the subband signals in
the first portion of spectrum to a second portion of spectrum to form synthesized subband signals and modifying
the copied components such that the synthesized subband signals have the characteristic of the audio signal.

Patentansprüche

1. Verfahren zur Verarbeitung von codierter Audioinformation, wobei das Verfahren aufweist:

Empfangen der codierten Audioinformation und daraus Erlangen von Teilbandsignalen, die einen Teil, aber
nicht den gesamten Spektralinhalt eines Audiosignals repräsentieren;
Untersuchen der Teilbandsignale, um eine Eigenschaft des Audiosignals zu erlangen, wobei die Eigenschaft
Tonalität oder zeitliche Form ist;
Erzeugen von synthetisierten Spektralkomponenten, welche die Eigenschaft des Audiosignals haben;
Integrieren der synthetisierten Spektralkomponenten mit den Teilbandsignalen, um einen Satz von modifizierten
Teilbandsignalen zu erzeugen; und
Erzeugen der Audioinformation durch Anwenden einer Synthesefilterbank auf den Satz von modifizierten Teil-
bandsignalen.

2. Verfahren gemäß Anspruch 1, wobei die Eigenschaft zeitliche Form ist und das Verfahren die synthetisierten Spek-
tralkomponenten erzeugt, um die zeitliche Form zu haben, durch Erzeugen von Spektralkomponenten und Falten
der erzeugten Spektralkomponenten mit einer Frequenzbereichsrepräsentatlon der zeitlichen Form.

3. Verfahren gemäß Anspruch 2, das die zeitliche Form erlangt durch Berechnen einer Autokorrelationsfunktion von
zumindest einigen Komponenten der Teilbandsignale.

4. Verfahren gemäß Anspruch 1, wobei die Eigenschaft zeitliche Form ist und das Verfahren die synthetisierten Spek-
tralkomponenten erzeugt, um die zeitliche Form zu haben, durch Erzeugen von Spektralkomponenten und Anwen-
den eines Filters auf zumindest einige der erzeugten Spektralkomponenten.

5. Verfahren gemäß Anspruch 4, das eine SteuerungsInformation von der codierten Information erlangt und den Filter
in Reaktion auf die Steuerungsinformation anpasst.

6. Verfahren gemäß einem der Ansprüche 1 bis 5, das den Satz der modifizierten Teilbandsignale erzeugt durch
Zusammenführen der synthetisierten Spektralkomponenten mit Komponenten der Teilbandsignale.

7. Verfahren gemäß einem der Ansprüche 1 bis 5, das den Satz der modifizierten Teilbandsignale erzeugt durch
Kombinieren der synthetisierten Spektralkomponenten mit jeweiligen Komponenten der Teilbandsignale.

8. Verfahren gemäß einem der Ansprüche 1 bis 5, das den Satz der modifizierten Teilbandsignale erzeugt durch
Ersetzen der synthetisierten Spektralkomponenten für entsprechende Komponenten der Teilbandsignale.

9. Verfahren gemäß einem der Ansprüche 1 bis 8, das
die Eigenschaften des Audiosignals erlangt durch Untersuchen von Komponenten von einem oder mehreren Teil-
bandsignalen in einem ersten Teil des Spektrums; und
die synthetisierten Spektralkomponenten erzeugt durch Kopieren einer oder mehrerer Komponenten der Teilband-
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signale in dem ersten Teil des Spektrums in einen zweiten Teil des Spektrums, um synthetisierte Teilbandsignale
zu bilden, und Modifizieren der kopierten Komponenten, so dass die synthetisierten Teilbandsignale die Eigenschaft
des Audiosignals haben.

10. Medium, das durch eine Vorrichtung lesbar ist und das ein Programm von Anweisungen trägt, die durch die Vor-
richtung ausführbar sind, um ein Verfahren gemäß einem der Ansprüche 1 bis 9 durchzuführen.

11. Vorrichtung zur Verarbeitung von codierter Audioinformation, wobei die Vorrichtung aufweist:

einen Eingangsanschluss (21; 76; 77), der ausgebildet ist, die codierte Audioinformation zu empfangen:

einen Speicher (73, 74); und
Verarbeitungsschaltungen (72), die mit dem Eingangsanschluss und dem Speicher verbunden sind; wobei
die Verarbeltungsschaltungen ausgebildet sind:

die codierte Audioinformation zu empfangen (22) und daraus Teilbandsignale zu erlangen (24), die
einen Teil, aber nicht den gesamten Spektrallnhalt eines Audiosignals repräsentieren;
die Teilbandsignale zu untersuchen (25), um eine Eigenschaft des Audiosignals zu erlangen, wobei
die Eigenschaft Tonalität oder zeitliche Form ist;
synthetisierte Spektralkomponenten zu erzeugen (26), welche die Eigenschaft des Audiosignals haben;
die synthetisierten Spektralkomponenten mit den Teilbandsignalen zu integrieren (27), um einen Satz
von modifizierten Teilbandsignalen zu erzeugen; und
die Audioinformation zu erzeugen durch Anwenden einer Synthesefilterbank (28) auf den Satz von
modifizierten Teilbandsignalen.

12. Vorrichtung gemäß Anspruch 11, wobei die Eigenschaft zeitliche Form ist und die Verarbeitungsschaltungen (72)
ausgebildet sind, die synthetisierten Spektralkomponenten zu erzeugen, um die zeitliche Form zu haben, durch
Erzeugen von Spektralkomponenten und Falten der erzeugten Spektralkomponenten mit einer Frequenzbereichs-
repräsentation der zeitlichen Form.

13. Vorrichtung gemäß Anspruch 12, wobei die Verarbeitungsschaltungen (72) ausgebildet sind, die zeitliche Form zu
erlangen durch Berechnen einer Autokorrelationsfunktion von zumindest einigen Komponenten der Teilbandsignale.

14. Vorrichtung gemäß Anspruch 11, wobei die Eigenschaft zeitliche Form ist und die Verarbeitungsschaltungen (72)
ausgebildet sind, die synthetisierten Spektralkomponenten zu erzeugen, um die zeitliche Form zu haben, durch
Erzeugen von Spektral komponenten und Anwenden eines Filters auf zumindest einige der erzeugten Spektral-
komponenten.

15. Vorrichtung gemäß Anspruch 14, wobei die Verarbeitungsschaltungen (72) ausgebildet sind, eine Steuerungsin-
formation von der codierten Information zu erlangen und den Filter in Reaktion auf die Steuerungsinformatlon
anzupassen.

16. Vorrichtung gemäß einem der Ansprüche 11 bis 15, wobei die Verarbeitungsschaltungen (72) ausgebildet sind, den
Satz der modifizierten Teilbandsignale zu erzeugen durch Zusammenführen der synthetisierten Spektralkompo-
nenten mit Komponenten der Teilbandsignale.

17. Vorrichtung gemäß einem der Ansprüche 11 bis 15, wobei die Verarbeitungsschaltungen (72) ausgebildet sind, den
Satz der modifizierten Teilbandsignale zu erzeugen durch Kombinieren der synthetisierten Spektralkomponenten
mit jeweiligen Komponenten der Teilbandsignale.

18. Vorrichtung gemäß einem der Ansprüche 11 bis 15, wobei die Verarbeitungsschaltungen (72) ausgebildet sind, den
Satz der modifizierten Teilbandsignale zu erzeugen durch Ersetzen der synthetisierten Spektralkomponenten für
entsprechende Komponenten der Teilbandsignale.

19. Vorrichtung gemäß einem der Ansprüche 11 bis 18, wobei die Verarbeitungsschaltungen (72) ausgebildet sind:

die Eigenschaften des Audiosignals zu erlangen durch Untersuchen von Komponenten von einem oder meh-
reren Teilbandsignalen in einem ersten Teil des Spektrums: und



EP 1 514 263 B1

12

5

10

15

20

25

30

35

40

45

50

55

die synthetisierten Spektralkomponenten zu erzeugen durch Kopieren einer oder mehrerer Komponenten der
Teilbandsignale in dem ersten Teil des Spektrums in einen zweiten Teil des Spektrums, um synthetisierte
Teilbandsignale zu bilden, und Modifizieren der kopierten Komponenten, so dass die synthetisierten Teilband-
signale die Eigenschaft des Audiosignals haben.

Revendications

1. Procédé pour traiter des informations audio codées, dans lequel le procédé comprend les étapes consistant à :

recevoir des informations audio codées et obtenir à partir de celles-ci des signaux de sous-bande représentant
une partie mais pas l’intégralité du contenu spectral d’un signal audio ;
examiner les signaux de sous-bande pour obtenir une caractéristique du signal audio, dans lequel la caracté-
ristique est une tonalité ou une forme temporelle :

générer des composants spectraux synthétisés qui ont la caractéristique du signal audio ;
intégrer les composants spectraux synthétisés avec les signaux de sous-bande pour générer un ensemble
de signaux de sous-bande modifiés ; et
générer les informations audio en appliquant une rangée de filtres de synthèse à l’ensemble des signaux
de sous-bande modifiés.

2. Procédé selon la revendication 1, dans lequel la caractéristique est une forme temporelle et le procédé génère les
composants spectraux synthétisés pour avoir la forme temporelle par la génération de composants spectraux et la
convolution des composants spectraux générés avec une représentation de domaine de fréquence de la forme
temporelle.

3. Procédé selon la revendication 2 qui obtient la forme temporelle en calculant une fonction d’autocorrélation d’au
moins certains composants des signaux de sous-bande.

4. Procédé selon la revendication 1, dans lequel la caractéristique est la forme temporelle et le procédé génère les
composants spectraux synthétisés pour avoir la forme temporelle en générant des composants spectraux et en
appliquant un filtre à au moins certains des composants spectraux générés.

5. Procédé selon la revendication 4 qui obtient des informations de commande à partir des informations codées et
adapte le filtre en réponse aux informations de commande.

6. Procédé selon l’une quelconque des revendications 1 à 5 qui génère l’ensemble de signaux de sous-bande modifiés
en fusionnant les composants spectraux synthétisés avec des composants des signaux de sous-bande.

7. Procédé selon l’une quelconque des revendications 1 à 5 qui génère l’ensemble de signaux de sous-bande modifiés
en combinant les composants spectraux synthétisés avec des composants respectifs des signaux de sous-bande.

8. Procédé selon l’une quelconque des revendications 1 à 5 qui génère l’ensemble de signaux de sous-bande modifiés
en substituant les composants spectraux synthétisés à des composants respectifs des signaux de sous-bande.

9. Procédé selon l’une quelconque des revendications 1 à 8 qui
obtient les caractéristiques du signal audio en examinant des composants d’un ou plusieurs signaux de sous-bande
dans une première partie du spectre ; et
génère les composants spectraux synthétisés en copiant un ou plusieurs composants des signaux de sous-bande
dans la première partie du spectre sur une deuxième partie du spectre pour former des signaux de sous-bande
synthétisés et en modifiant les composants copiés de sorte que les signaux de sous-bande synthétisés aient la
caractéristique du signal audio.

10. Support qui est lisible par un dispositif et qui porte un programme d’instructions exécutables par le dispositif pour
effectuer un procédé selon l’une quelconque des revendications 1 à 9.

11. Appareil pour traiter des informations audio codées, dans lequel l’appareil comprend :
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un terminal d’entrée (21 ; 76 ; 77) apte à recevoir les informations audio codées ;
une mémoire (73, 74) ; et
un circuit de traitement (72) couplé au terminal d’entrée et à la mémoire ; dans lequel le circuit de traitement
est apte à :

recevoir (22) les informations audio codées et obtenir (24) à partir de celles-ci des signaux de sous-bande
représentant une partie mais pas l’intégralité du contenu spectral d’un signal audio ;
examiner (25) les signaux de sous-bande pour obtenir une caractéristique du signal audio, dans lequel la
caractéristique est une tonalité ou une forme temporelle ;
générer (26) des composants spectraux synthétisés qui ont la caractéristique du signal audio ;
intégrer (27) les composants spectraux synthétisés avec les signaux de sous-bande pour générer un en-
semble de signaux de sous-bande modifiés ; et
générer les informations audio en appliquant une rangée de filtres de synthèse (28) à l’ensemble des
signaux de sous-bande modifiés.

12. Appareil selon la revendication 11, dans lequel la caractéristique est une forme temporelle et le circuit de traitement
(72) est apte à générer les composants spectraux synthétisés pour avoir la forme temporelle par la génération de
composants spectraux et la convolution des composants spectraux générés avec une représentation de domaine
de fréquence de la forme temporelle.

13. Appareil selon la revendication 12, dans lequel le circuit de traitement (72) est apte à obtenir la forme temporelle
en calculant une fonction d’autocorrélation d’au moins certains composants des signaux de sous-bande.

14. Appareil selon la revendication 11, dans lequel la caractéristique est la forme temporelle et le circuit de traitement
(72) est apte à générer les composants spectraux synthétisés pour avoir la forme temporelle en générant des
composants spectraux et en appliquant un filtre à au moins certains des composants spectraux générés.

15. Appareil selon la revendication 14, dans lequel le circuit de traitement (72) est apte à obtenir des informations de
commande à partir des informations codées et à adapter le filtre en réponse aux informations de commande.

16. Appareil selon l’une quelconque des revendications 11 à 15, dans lequel le circuit de traitement (72) est apte à
générer l’ensemble de signaux de sous-bande modifiés en fusionnant les composants spectraux synthétisés avec
des composants des signaux de sous-bande.

17. Appareil selon l’une quelconque des revendications 11 à 15, dans lequel le circuit de traitement (72) est apte à
générer l’ensemble de signaux de sous-bande modifiés en combinant les composants spectraux synthétisés avec
des composants respectifs des signaux de sous-bande.

18. Appareil selon l’une quelconque des revendications 11 à 15, dans lequel le circuit de traitement (72) est apte à
générer l’ensemble de signaux de sous-bande modifiés en substituant les composants spectraux synthétisés à des
composants respectifs des signaux de sous-bande.

19. Appareil selon l’une quelconque des revendications 11 à 18, dans lequel le circuit de traitement (72) est apte à :

obtenir les caractéristiques du signal audio en examinant des composants d’un ou plusieurs signaux de sous-
bande dans une première partie du spectre ; et
générer les composants spectraux synthétisés en copiant un ou plusieurs composants des signaux de sous-
bande dans la première partie du spectre sur une deuxième partie du spectre pour former des signaux de sous-
bande synthétisés et en modifiant les composants copiés de sorte que les signaux de sous-bande synthétisés
aient la caractéristique du signal audio.
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